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A SYSTEM AND METHOD FOR GENERATING AND RECORDING AUDITORY STEADY-STATE

RESPONSES WITH A SPEECH-LIKE STIMULUS

(67)  The application relates to a method and system

for recording auditory steady-state responses of a per-

son, the method comprising a) providing an acoustic
stimulus signal to an ear of the person, b) recording the
auditory steady-state responses of the person originating

from said acoustic stimulus signal. The object of the

present application is to excite the auditory system with
asignal capable of assessing the auditory systems ability
to process speech. The problem is solved in that the
acoustic stimulus signal comprises a speech-like stimu-
lus provided as a combination of a series of frequen-

cy-specific stimuli, each having a specified (e.g. prede-
termined) frequency bandwidth, repetition rate, ampli-
tude and amplitude modulation. In an embodiment, the
method and system comprises quantizing the amplitude
modulations in time and/or level. An advantage of the
disclosure is that it allows a clinical assessment of the
effect of a hearing device in a normal mode of operation,
i.e. when processing speech stimuli. The invention may
e.g. be used for diagnostic instruments for verifying the
fitting of a hearing aid.
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Description

TECHNICAL FIELD

[0001] The present application relates to a method of
recording Auditory Evoked Potentials (AEP), in particular
Auditory Steady State Responses (ASSR). The disclo-
sure relates specifically to a method of recording auditory
evoked potentials of a person (a human being). The ap-
plication also relates to a data processing system com-
prising a processor and program code means for causing
the processor to perform at least some of the steps of
the method.

[0002] The application furthermore relates to a system
for recording auditory evoked potentials of a person, and
to its use.

[0003] Embodimentsofthe disclosure maye.g. be use-
ful in applications such as diagnostic instruments for ver-
ifying fitting of a hearing aid.

BACKGROUND

[0004] When transientsounds are presented to human
subjects, the summed response from many remotely lo-
cated neurons in the brain can be recorded via non-in-
vasive electrodes (e.g. attached to the scalp and/or lo-
cated in an ear canal of a person). These auditory evoked
potentials (AEPs) can be recorded from all levels of the
auditory pathway, e.g. from the auditory nerve (com-
pound action potential, CAP); from the brainstem (audi-
tory brainstem response, ABR); up to the cortex (cortical
auditory evoked potential, CAEP), etc. These classical
AEPs are obtained by presenting transient acoustic stim-
uli at slow repetition rates. At more rapid rates, the re-
sponses to each stimulus overlap with those evoked by
the preceding stimulus to form a steady-state response
(as defined in [Picton et al., 1987]). In early studies, such
auditory steady-state responses (ASSR) were also
evoked by sinusoidally amplitude modulated (AM) pure
tones. Due to the tonotopic organisation of the inner ear
(the cochlea) and auditory pathway, the carrier frequency
for AM tones determines the region of the basilar mem-
brane within the cochlea being excited, but producing
evoked responses that follow the modulation frequency.
In this way, ASSR has proved to be an efficient tool for
testing different frequency locations within the auditory
pathway. AM tones are the simplest frequency specific
stimuli used to evoke ASSRs, but they only stimulate a
small number of auditory nerve fibres resulting in rela-
tively smallresponse amplitude. This small response can
be problematic for response resolution, so various meth-
ods have been developed to increase area of excitation
in the cochlea to recruit more auditory nerve fibres, and
to increase response amplitude and hence response de-
tection and accuracy.

[0005] WO2006003172A1 (US 8,591,433 B2) de-
scribes the design of frequency-specific electrical or
acoustical stimuli for recording ASSR as a combination
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of a series of multiple spectral components (i.e. pure
tones), designed to optimise response amplitudes. This
was achieved by pre-compensating for the frequency-
dependent delay introduced in the inner ear (cochlea) to
achieve more synchronised auditory nerve firing across
frequency. It is a basic characteristic of an auditory
evoked response that the magnitude of the response de-
pends on the number of auditory units/nerve fibres that
are activated synchronously by the stimulus (as defined
in [Eggermont, 1977]). By compensating for the inherent
cochlea frequency-dependent delay, and specifically de-
fining the magnitude and phase of each of the multiple
spectral components, a repetitive frequency glide or chirp
can be created. The repetition rate of this chirp-train is
determined from the frequency spacing between the
spectral components used in its generation, and the
band-width is controlled by the number of components
chosen. In this way, a very flexible and efficient stimulus
for recording ASSR can be created (cf. e.g. [Elberling,
2005], [Elberling et al., 20073a], [Elberling et al., 2007b]
and [Cebulla et al., 2007]).

[0006] One of the major advantages of ASSR is the
ability to perform simultaneous multi-band recordings,
i.e. to present multiple stimuli at different carrier frequen-
cies to both ears - each with different repetition rates,
and hence detection and observation of these potentials
are typically made in the frequency domain. By creating
the stimulus to be periodic, the stimulus and response
structure in the frequency domain are well-defined and
importantly predictable, thus ASSR lends itself well to
automatic detection algorithms based on sets of harmon-
ics of the repetition rates.

[0007] At present, ASSRs in the clinic and in research
are stimulated using repeated trains of broad-band and
narrow-band chirps, amplitude modulated tones, com-
bined amplitude and frequency modulated tones, and
trains of clicks and tone-bursts. As a result of highly suc-
cessful universal new-born screening programs in many
countries, paediatric audiologists are now routinely see-
ing patients within the first-few weeks of life (Chang et
al., 2012). Therefore, it is advantageous to have hearing
aid fitting protocols designed for young infants, as the
sooner the intervention then the better the clinical out-
comes. Thus the use of ASSR for estimating audiometric
threshold is fast gaining ground for use with neonates
referred from a screening programme. Determining
these patients’ thresholds via behavioral measures is
highly unreliable or impossible, hence the need for ob-
jective physiological methods. Regression statistics exist
to calculate the expected difference between physiologic
and behavioural thresholds ateach sound level. Accurate
threshold estimation depends on being able to determine
whether a small response exists in the presence of re-
sidual background noise. In addition to infants, ASSR
and objective measures are used with hard to test adults,
i.e. adults with severe mental or physical impairment.
[0008] Once a hearing aid is fitted to a particular user,
then parameters need to be adjusted, for example to en-
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sure that gain is set such that the speech spectrum is
amplified within the dynamic hearing range of the subject.
For good practice, a verification of this fitting needs to be
made to ensure that this is in fact the case. This is par-
ticularly important for infants because of their inability to
take partin behavioral testing, and because the acoustic
properties of infants’ very small ear canals vary dramat-
ically among individuals [Bagatto et al., 2002]. Hence, a
robust objective method for doing this is important. Sound
field auditory evoked potentials - ABR, CAEP and ASSR
have all been proposed as potential methods for doing
this. It has been shown that ABRs are inappropriate, as
the stimuli used to evoke them are typically very short (<
10 ms), and hearing aid processing distorts the stimulus,
making the response waveform hard to interpret.
[0009] CAEPs are growing in popularity for verification
of hearing aid fitting. In particular, CAEPs evoked from
short-duration phonemes and speech-like stimuli are ar-
gued to reflect neural encoding of speech and provide
objective evidence that the amplified speech has been
detected. CAEPs have documented disadvantages that
they are strongly affected by the attention of the subject,
which is hard to control in infants. Also, objective detec-
tion of response waveforms is challenging as the wave-
forms/evoked potentials vary significantly across sub-
jects. Finally, even though they are longer in duration
than ABR stimuli, typical stimuli to evoke CAEPs are still
relatively short, and hence are subject to the same dis-
tortion and disadvantage as described above.

SUMMARY

[0010] The present disclosure relates to the field of re-
cording Auditory Evoked Potentials (AEPs) from human
participants. The present disclosure aims at reducing at
least some of the disadvantages of prior art solutions.
Specifically the disclosure focuses on a new technique
for stimulating Auditory Steady State Responses with a
more speech-like signal, including amplitude variations
over time that are similar to free-running speech.
[0011] This present disclosure is concerned with mak-
ing ASSR stimuli more speech-like, while still retaining
their advantageous properties. This may be used in the
verification of hearing aid fitting application described
above, as it circumvents some of the challenges seen
with cortical evoked responses. However, equally the
method may be used to record an unaided response,
with the advantage of exciting the auditory system with
a signal capable of assessing its ability to process
speech.

[0012] In agreement with the propositions of John &
Picton (2004) the present disclosure employs spectrally
shaping a multi-band ASSR stimulito have anormal long-
term speech spectrum. Imposed on this will be a low-
frequency amplitude modulation similar to the envelope
seen in free-running speech (cf. e.g. [Plomp; 1984]). For
sounds, which convey information, such as speech,
much of the information is carried in the changes in the
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stimulus, rather than in the parts of the sound that are
relatively stable. Normal multi-band ASSR with different
separate carrier frequencies or bands will for each band
have a different repetition rate. This allows multiple band
detection of the response in the frequency domain. The
different repetition rates and bands summed up in the
time domain will result in a stimulus that has a waveform
that will vary over time. The present disclosure proposes
additionally several ways to apply a low-frequency am-
plitude modulation in the range of the normal modulation
spectrum of speech (cf. e.g. [Plomp; 1984]... < 20 Hz),
in order to make the stimulus more speech-like, i.e. to
have realistic amplitude fluctuations similar to free-run-
ning speech. [John & Picton, 2004] suggested applying
a broadband envelope with magnitudes similar to those
of a real speech envelope. However, real speech mod-
ulations are not the same across the whole frequency
range, as is clearly seen from the frequency-band-spe-
cific speech modulation spectra presented by [Holube et
al., 2010]. Therefore, the present disclosure proposes to
apply independent speech envelopes to each of the stim-
ulus bands described above. Furthermore, itis proposed
to use envelopes estimated directly from real speech in
order to create a stimulus more akin to real speech.
[0013] How ahearing aid (HA) processes incoming au-
ditory stimuli is extremely important if the desired appli-
cation is using ASSR for verification of fitting. A HA is a
medical device designed to amplify incoming sounds to
make them audible for the wearers, and to improve their
speech intelligibility. Modern digital HAs are complex
nonlinear and non-stationary (time-varying) devices, that
change their state or mode of operation based on an on-
going estimation of the type and characteristics of the
sound being presented to them. Forinstance, the amount
of dynamic gain being applied may depend on whether
the stimulus is speech, music, random noise or dynamic
environmental sounds, objectively estimatedin the signal
processing algorithms of the HAs. In verification of fitting
applications in infants and hard to test individuals (e.g.
adults), we are predominantly interested in whether that
individual’'s HAs are programmed such that speech at
normal listening levels is amplified to be within the listen-
er’s audible range. It is important then, that any new AS-
SR stimulus is processed by the HA in a similar way to
real free-running speech. The present disclosure propos-
es to modify the ASSR stimuli to be more speech-like,
e.g. by introducing appropriate amplitude variations over
time. Insertion gain measurements from different HAs
can be made according to IEC 60118-15 (2012), to verify
thatthe stimuli are being processed in a speech-like man-
ner.

[0014] The exact neuro-physiological generator site is
ambiguous with ASSR, as the whole auditory system re-
sponds when excited. Changing the repetition rates of
the multi-band ASSR stimulus shifts the region of the
auditory system that dominates the power of the re-
sponse that is recorded at the surface of the scull. Audi-
tory steady state responses at repetition rates < 20/s are
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believed to be predominantly of cortical origin. For rates
> 20/s, the responses are generally believed to be gen-
erated by both cortical and brainstem sources, with the
strength of the cortical activity decreasing with increasing
repetition rate. Above approximately 50 Hz it is generally
acceptedthatbrainstem sources dominate. Special men-
tion should be given to the rates close to 40/s, here the
responses are generated both by the brainstem, the pri-
mary auditory cortex and thalamocortical circuits (cf. e.g.
[Picton etal.; 2003] and [Kuwada et al.; 2002]). Respons-
es higher in the auditory pathway than the brainstem are
affected by attention and state of arousal. Also there is
a significant maturational effect for cortical responses -
with neonates’ having small 40/s ASSR amplitudes, due
to this. However rates in the range around 70/s to 100/s
produce robust and solid responses, that are not overly
affected by state of arousal and certainly not attention,
maturational effects attributed to neural immaturity and
developmental changes in the acoustics of the ear canal
or middle ear. Therefore, by varying repetition rate it is
possible to shift the location of the ASSR generation
mechanism to different locations in the auditory pathway
(i.e. brainstem to cortex) depending on what is needed
for the application in question.

[0015] The modification to the ASSR stimulus pro-
posed here presents a new approach to obtain speech-
like stimuli. In embodiments of the disclosure, information
about the neural encoding of speech stimuli may be ex-
tracted, whilst retaining the excellent detection statistics
in ASSR recording.

[0016] An object of the present application is to excite
the auditory system with a signal capable of assessing
the auditory system’s ability to process speech. A further
object of embodiments of the application is to create a
stimulus for driving a hearing aid in a speech-like manner
in order to objectively asses the hearing ability of a user
while wearing the hearing aid. A further object of embod-
iments of the application is to create a stimulus, which in
addition to the abovementioned advantages allows si-
multaneous estimation of the aided electrophysiological
response to several distinct speech levels. This informa-
tion may be used to guide modifications to the gain set-
tings of the hearing aid. Ultimately, this information may
be used in an automated hearing-aid fitting procedure.
[0017] Objects of the application are achieved by the
invention described in the accompanying claims and as
described in the following.

A method for recording auditory steady-state responses
of a person:

[0018] Inanaspectofthe presentapplication, an object
of the application is achieved by a method for recording
auditory steady-state responses of a person, the method
comprising a) providing an acoustic stimulus signal to an
ear of the person, b) recording the auditory steady-state
responses of the person originating from said acoustic
stimulus signal. The method provides that, the acoustic
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stimulus signal comprises a speech-like stimulus. Pref-
erably, the method comprises that the speech-like stim-
ulus is provided as a combination (e.g. a summation, or
aweighted sum) of a series of frequency-specific stimuli,
each having a specified (e.g. predetermined) frequency
bandwidth, presentation rate, amplitude, and amplitude
modulation.

[0019] An advantage of the disclosure is that it allows
a clinical assessment of the effect of a hearing device in
anormal mode of operation, i.e. when processing speech
stimuli.

[0020] An aim of the present disclosure is to provide a
new way of evoking an ASSR, using a speech-like stim-
ulus, yet retaining the advantages of traditional ap-
proaches where the stimulus and response structure in
the frequency domain are well-defined and predictable.
This is e.g. achieved by using automatic algorithms for
detection or amplitude (power) estimation based on a set
of harmonics of the repetition rates within the different
frequency bands of the stimulus (such frequency bands
are in the following termed ’stimulus frequency bands’).
[0021] In an embodiment, the method comprises

a1l)designing an electrical stimulus signal represent-
ing a speech-like signal;

a2) converting said electrical stimulus signal to an
acoustic stimulus signal;

a3) applying said acoustic stimulus signal to an ear
of the person.

[0022] Preferably, the application of the acoustic stim-
ulus to an ear of the person is performed in a free-field
configuration (from a loudspeaker, e.g. a directional loud-
speaker that is located outside the ear canal of the per-
son). Alternatively, the acoustic stimulus may be applied
to the eardrum of the person (only) by a loudspeaker of
a hearing device worn at or in an ear of the user. In the
latter case, the stimuli may be transmitted to or generated
in the hearing device.

[0023] In an embodiment, the method comprises re-
cording said auditory evoked responses of the person

*  When the person is wearing a hearing device at the
ear; as well as

*  When the person is not wearing the hearing device
at the ear.

[0024] It is anticipated that the person has a hearing
impairment at one or both ears, and that the hearing de-
vice (e.g. a hearing aid) is configured for compensating
fora hearing impairment of an ear of the person exhibiting
such hearing impairment.

[0025] It is understood that the hearing device, when
exposed to the acoustic stimulus, is turned on. In an em-
bodiment, the person has a hearing impairment at one
or both ears. Preferably, the hearing device (e.g. a hear-
ing aid) is configured to compensate for a hearing im-
pairment of that ear of the person.
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[0026] In an embodiment, the speech-like stimulus is
created as an electric stimulus signal, which is converted
to an acoustic signal (e.g. by an electro-acoustic trans-
ducer, e.g. a vibrator or a loudspeaker). In an embodi-
ment, the speech-like stimulus is created as an acoustic
signal composed of a number ofindividual acoustic signal
components that together (e.g. when mixed, e.g. added)
represent the speech-like stimulus.

[0027] In an embodiment, the method comprises that
the presentation rates of the individual frequency-specific
stimuli are configurable. In an embodiment, the method
comprises that the presentation rates of the individual
frequency-specific stimuli are different and chosen to be
appropriate for the recording of the auditory evoked re-
sponses in response to multiple, simultaneous, frequen-
cy-specific stimuli, and for obtaining responses from the
appropriate structures of the auditory pathway. By choos-
ing different repetition rates for different stimulus frequen-
cy bands (e.g. one-octave wide) it is possible to simulta-
neously test different frequency regions of the auditory
system. The ASSR response spectrum to a single band
comprises a series of harmonics at multiples of the rep-
etition rate. Thus if multiple bands are presented simul-
taneously, but each band has its own unique repetition
rate, then the physiological evoked response will contain
multiple harmonic series, but importantly at distinct fre-
quencies. This will allow separation of the responses
from the different bands.

[0028] In an embodiment, the method comprises that
a combined amplitude-spectrum of individual frequency-
specific stimuli corresponds to a long-term amplitude
spectrum of normal speech. In an embodiment, the com-
bined amplitude spectrum is a combination of a multitude
of (e.g. three or more, such as four or more, or eight or
more) individual frequency-specific stimuli. In an embod-
iment, each of the frequency-specific stimuli (for instance
four one-octave wide Chirp stimuli, see e.g. [Elberling et
al., 2007b]) is weighted such that the overall broadband
stimulus has a long-term spectrum which approximates
that of normal speech.

[0029] In an embodiment, the method comprises that
either a combined broadband stimulus of the individual
frequency-specific stimuli or the individual frequency-
specific stimuli are amplitude-modulated corresponding
to a corresponding low-frequency modulation which oc-
curs in normal speech. In an embodiment, low-frequency
amplitude modulation similar to that seen in free-running
speech is applied to the broad-band speech spectrum
shaped ASSR stimulus. The low frequency amplitude
modulation and long-term speech spectrum will prefera-
bly ensure that hearing aids will process the combined
stimulus in a way similar to free-running speech. In an
embodiment, the term ’low-frequency modulation which
occurs in normal speech’ is e.g. taken to mean the re-
sulting stimulus having a modulation spectrum compa-
rable to normal speech, e.g. with a maximum around 4
Hz when measured in 1/3 octave bands (cf. e.g. [Plomp,
1984]). Inan embodiment, the 'low-frequency modulation
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which occurs in normal speech’ is e.g. taken to mean the
envelope determined from a real running speech signal,
or an artificial speech signal, such as the ISTS (Holube
et al., 2010).

[0030] Inanembodiment,the method provides thatthe
long-term amplitude-spectrum and the low-frequency
amplitude modulation of the individual frequency-specific
stimuli correspond to speech spoken with a specific vocal
effort. In an embodiment, examples of speech spoken
with a specific vocal effort are represented by Soft, Nor-
mal, Raised, and Shouted. In an embodiment, a com-
bined broadband stimulus having a long-term averaged
spectrum is provided at levels defined in terms of specific
vocal effort according to ANSI S3.5. (1997). This is ad-
vantageous for clinical applications aimed at testing at
standardized speech levels.

[0031] Inanembodiment, the method provides that the
individual frequency-specific stimuli consist of band-lim-
ited chirps. In an embodiment, the individual frequency-
specific chirps are one-octave wide. In an embodiment,
the individual frequency-specific chirps are configured to
cover the frequency range relevant for speech intelligi-
bility, e.g. adapted to the specific person, e.g. covering
afrequency in the range between 200 Hz and 8 kHz, e.g.
a range between approximately 350 Hz to 5600 Hz. In
an embodiment, the frequency-specific stimuli consist of
four, one-octave wide chirps having the center frequen-
cies 500, 1000, 2000 and 4000 Hz (defining four stimulus
frequency bands), respectively, thus covering the fre-
quency range from approximately 350 Hz to 5600 Hz. In
an embodiment, the method provides that the individual
frequency-specific stimuli are independently amplitude
modulated by an envelope representing band-specific
speech modulations. In an embodiment, the band-spe-
cific speech modulations can be determined from a real
speech signal, or an artificial speech signal, which is
band-pass filtered into frequency bands corresponding
to the stimulus frequency bands described above, and
where the speech envelopes are determined independ-
ently for each band.

[0032] In an embodiment, the method comprises pro-
viding that the amplitude modulations are quantized, e.g.
in time and/or level.

[0033] In an embodiment, the method comprises pro-
viding that said frequency-specific stimuli are arranged
(or scaled) such that a combined amplitude-spectrum of
said frequency-specific stimuli corresponds to a long-
term amplitude spectrum of normal speech.

[0034] Inafurther embodiment, the method comprises

* providing speech-like modulations of said frequen-
cy-specific stimuli such that a modulation spectrum
of said frequency-specific stimuli corresponds to a
modulation spectrum of normal speech, and

e providing that the imposed speech-like amplitude
modulations are quantized in time and/or level.

[0035] Inanembodiment,the method provides that the
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imposed speech-like modulations are quantized in time
and/or level. Applying speech-like amplitude modula-
tions to a repetitive ASSR stimulus means that the indi-
vidual repetitions of the basic stimulus will be presented
at many different levels. This can be actively exploited
to carry out ASSR estimation corresponding to several
different stimulus levels at the same time, from one on-
going measurement. This is, however, crucially depend-
ent on being able to sort incoming recording blocks (‘ep-
ochs’) ofan ASSR measurementinto different’level bins’,
corresponding to the different stimulus levels. Having re-
alized that, further advantages can be obtained by:

1. Quantizing the (frequency band specific) envelope
gains in time to make them constant across each
epoch to minimize temporal distortion to the individ-
ual stimuli (or minimize spectral splatter in the fre-
quency domain).

2. Quantizing the envelope gains to represent spe-
cific desired stimulus levels.

[0036] The quantization of the modulations in level,
can, for instance, correspond to Leq + 10 dB, Leq, Leq
- 10 dB, and Leq - 20 dB, where Leq is the long-term
average level of the (potentially band-pass filtered)
speech signal used to create the envelope. Thus, the
quantization of the modulations in time as well as level,
together with corresponding sorting of the measured re-
sponse epochs in the detection stage of the ASSR meth-
od allows for simultaneous estimation of the electrophys-
iological response to specific parts of the speech signal
interms of level, e.g.’loud’ (Leq + 10 dB), ’average’ (Leq),
'soft’ (Leq - 10 dB), and 'very soft’ (Leq - 20 dB).

[0037] Inan embodiment, the term 'an epoch’ is taken
to comprise one full repetition of the periodic, combined
frequency-specific stimuli, as defined for the frequency-
specific stimuli before any amplitude modulations are im-
posed.

[0038] In an embodiment, the method provides that
level-quantized stimulus which yields estimates of the
electrophysiological response to speech at several dis-
tinct levels is used for automated fitting of a hearing aid.
This is achieved by automatically increasing hearing-aid
gain in the frequency ranges where the electrophysio-
logical response is below normative values and vice ver-
sa.

[0039] Inanembodiment, the method provides thatthe
recording of said auditory evoked responses comprises
recording of auditory steady-state responses, ASSR.

A method of designing stimuli:

[0040] In an aspect, a method of designing stimuli for
an ASSR system is provided. The method comprises:

* Defining a number of different frequency specific
stimuli, each having a specific frequency or center
frequency and bandwidth (and being located in dif-
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ferent stimulus frequency bands);

* Defining an individual repetition rate for each of the
different frequency specific stimuli;

e Spectrally shaping the amplitude spectrum of each
of the different frequency specific stimuli to provide
spectrally shaped frequency specific stimuli;

¢ Amplitude modulating either each of the spectrally
shaped frequency specific stimuli or the combined
broad-band signal with a real or simulated envelope
of running speech;

*  Combining the spectrally shaped frequency specific
stimuli to provide a combined broad-band signal;
Wherein the spectral shaping of the amplitude spec-
trum of each of the different frequency specific stimuli
is configured to provide that the combined signal cor-
responds to the long-term spectrum of running
speech spoken with a specific vocal effort.

[0041] It is intended that some or all of the process
features of the method of recording auditory evoked re-
sponses described above, in the 'detailed description of
embodiments’ or in the claims can be combined with em-
bodiments of the method of designing stimuliforan ASSR
system, when appropriate, and vice versa.

[0042] Inanembodiment, the method comprises quan-
tizing the amplitude modulations, e.g. intime and/or level.
[0043] In an embodiment, the number of frequency
specific stimuli is larger than or equal to two, such as
larger than three, e.g. equal to four. In an embodiment,
the number and the frequencies or center frequencies of
the frequency specific stimuli are adapted to cover a pre-
defined the frequency range, e.g. a range of operation
of a particular hearing device or a frequency range of
importance to speech intelligibility, e.g. part of the fre-
quency range between 20 Hz and 8 kHz, e.g. between
250 Hz and 6 kHz.

[0044] In an embodiment, the method comprises ap-
plyingindependent speech envelopes to each of the stim-
ulus frequency bands. In other words, the method com-
prises that the speech like envelope is extracted inde-
pendently for the different stimulus frequency bands.
[0045] In an embodiment, the method comprises that
the resulting combined signal comprising speech like
stimuli is configured to ensure that a hearing device en-
ters a speech mode of operation (e.g. a program specif-
ically adapted to process speech), while at the same time
allowing an ASSR measurement, when the speech-like
stimuli are received by the hearing device.

A stimulation system:

[0046] Inanaspect, a stimulation system for designing
and generating stimuli for an ASSR system is provided.
The stimulation system comprises:

e A stimulation generator for generating a number of
different frequency specific stimuli, each having a
specific frequency or center frequency and band-
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width, and (the stimulation generator being) config-
ured to apply an individual repetition rate to each of
the different frequency specific stimuli;

* Aspectral shaping unitfor spectrally shaping the am-
plitude spectrum of each of the different frequency
specific stimuli to provide spectrally shaped frequen-
cy specific stimuli;

* A combination unit for combining the spectrally
shaped frequency specific stimuli to provide a com-
bined broad-band signal;

¢ An amplitude modulation unit for amplitude modu-
lating either each of the spectrally shaped frequency
specific stimuli or the combined broad-band signal
with a real or simulated envelope of running speech;
and

wherein the spectral shaping of the amplitude spectrum
of each of the different frequency specific stimuli is con-
figured to provide that the combined signal corresponds
to the long-term spectrum of running speech spoken with
a specific vocal effort.

[0047] It is intended that some or all of the process
features of the method of designing stimuli for an ASSR
system described above, in the 'detailed description of
embodiments’ or in the claims can be combined with em-
bodiments of the system of designing stimuli foran ASSR
system, when appropriate, and vice versa.

[0048] Inanembodiment, the stimulation system com-
prises a unit for quantizing the amplitude modulations in
time and/or level:

In an embodiment, the stimulation system is config-
ured toapply independent speech envelopesto each
of the stimulus frequency bands (a stimulation band
comprising a frequency specific stimulus).

[0049] In an embodiment, the stimulation system is
adapted to provide that the resulting combined signal
comprising speech like stimuli is configured to ensure
that a hearing device enters a speech mode of operation
(e.g. a program specifically adapted to process speech),
while at the same time allowing an ASSR measurement,
when the speech-like stimuli are received by the hearing
device.

A data processing system:

[0050] In an aspect, a data processing system com-
prising a processor and program code means for causing
the processor to perform atleastsome (such as a majority
or all) of the steps of the method described above, in the
"detailed description of embodiments’ and in the claims
is furthermore provided by the present application.

A computer readable medium:

[0051] Inan aspect, atangible computer-readable me-
dium storing a computer program comprising program
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code means for causing a data processing system to
perform at least some (such as a majority or all) of the
steps of the method described above, in the 'detailed
description of embodiments’ and in the claims, when said
computer program is executed on the data processing
system is furthermore provided by the present applica-
tion.

A diagnostic system:

[0052] In an aspect, a diagnostic system for recording
auditory steady-state responses of a person, the system
comprising a stimulation unit for providing an acoustic
stimulus signal to an ear of the person, and a recording
unit for recording the auditory steady-state responses of
the person origination from said acoustic stimulus signal
is furthermore provided by the present application. The
stimulation unit is configured to provide that the acoustic
stimulus signal comprises a speech-like stimulus. The
speech-like stimulus is preferably provided as a combi-
nation of a series of frequency-specific stimuli, each hav-
ing a specified (e.g. predetermined) frequency band-
width, presentation rate, amplitude and amplitude mod-
ulation. In an embodiment, the stimulation unit comprises
a unit for quantizing the amplitude modulations.

[0053] Inanembodiment, the stimulation unit compris-
es a quantization unit for quantizing the amplitude mod-
ulations in time and/or level.

[0054] It is intended that some or all of the process
features of the method described above, in the 'detailed
description of embodiments’ or in the claims can be com-
bined with embodiments of the diagnostic system, when
appropriately substituted by a corresponding structural
feature and vice versa. Embodiments of the diagnostic
system have the same advantages as the corresponding
methods.
[0055]
es

In an embodiment, the stimulation unit compris-

e A stimulation generator for generating a number of
different frequency specific stimuli, each having a
specific frequency or center frequency and band-
width (and being located in different stimulus fre-
quency bands), and configured to apply an individual
repetition rate to each of the different frequency spe-
cific stimuli;

* Aspectral shaping unit for spectrally shaping the am-
plitude spectrum of each of the different frequency
specific stimuli to provide spectrally shaped frequen-
cy specific stimuli;

* A combination unit for combining the spectrally
shaped frequency specific stimuli to provide a com-
bined broad-band signal;

¢ An amplitude modulation unit for amplitude modu-
lating either each of the spectrally shaped frequency
specific stimuli or the combined broad-band signal
with a real or simulated envelope of running speech
to provide said speech-like stimulus; and
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[0056] wherein the spectral shaping of the amplitude
spectrum of each of the different frequency specific stim-
uli is configured to provide that the combined signal cor-
responds to the long-term spectrum of running speech
spoken with a specific vocal effort.

[0057] In an embodiment, the stimulation unit is con-
figured to apply independent speech envelopes to each
of the stimulus frequency bands.

[0058] In an embodiment, the combination unit com-
prises or is constituted by a SUM-unit for adding the in-
dividual spectrally shaped frequency specific (band-lim-
ited) stimuli to provide a combined broad-band signal. In
an embodiment, the combination unit comprises or is
constituted by a summation unit.

[0059] Inanembodiment,the diagnostic systemis con-
figured torecord auditory evoked responses (e.g. ASSR)
of the person

¢ When the person is wearing a hearing device at the
ear; as well as

¢ When the person is not wearing the hearing device
at the ear.

A combined system:

[0060] In an aspect, a combined system comprising a
diagnostic system as described above, in the 'detailed
description of embodiments’ or in the claims, and a hear-
ing device for compensating a user’s hearing impairment
is furthermore provided.

[0061] Inan embodiment, the hearing device is adapt-
ed to provide a frequency dependent gain and/or a level
dependent compression and/or a transposition (with or
without frequency compression) of one or frequency
ranges to one or more other frequency ranges, e.g. to
compensate for a hearing impairment of a user. In an
embodiment, the hearing device comprises a signal
processing unitfor enhancing input signals and providing
aprocessed outputsignal. Preferably, the hearing device
is configured - at least in a specific mode of operation -
to enhance speech intelligibility of a user.

[0062] In an embodiment, the combined system is
adapted to ensure that the hearing device enters a
speech mode of operation (e.g. a program specifically
adapted to process speech), while at the same time al-
lowing an ASSR measurement, when speech-like stimuli
according to the present disclosure are received by the
hearing device.

[0063] In an aspect, use of a diagnostic system as de-
scribed above, in the 'detailed description of embodi-
ments’ and in the claims, is moreover provided. In an
embodiment, use of a diagnostic system to verify a fitting
of a hearing aid is provided. In an embodiment, use of a
diagnostic system to record ASSR on a person wearing
a hearing aid (configured to compensate for the person’s
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hearing impairment) is provided (aided measurement).
In an embodiment, use of a diagnostic system to record
ASSR on a person not wearing a hearing aid is provided
(unaided measurement).

A hearing device:

[0064] In an aspect, a hearing device is furthermore
provided. The hearing device comprises an input unitand
an output transducer. The hearing device is configured
to receive or generate different frequency specific stimuli
generated as defined by the method of designing stimuli
for an ASSR system as described above in the 'detailed
description of embodiments’ orin the claims. The hearing
device is furthermore configured to present the different
frequency specific stimuli as an acoustic stimulus via said
output transducer of the hearing device.

[0065] In an embodiment, the hearing device is con-
figured to enter a speech mode of operation (e.g. a pro-
gram specifically adapted to process speech), while at
the same time allowing an ASSR measurement, when
speech-like stimuli according to the present disclosure
are received by the hearing device. Thereby it is ensured
that the stimuli, when presented to the user have been
processed by the hearing device in the same manner as
the processing of normal speech signals. The recorded
signals evoked by the stimuli are thus representative of
the user’s perception of speech.

[0066] In an embodiment, the hearing device compris-
es or consists of a hearing aid.

[0067] Inan embodiment, the input unit of the hearing
device comprises one or more microphones for picking
up sound from the environment, including e.g. acoustic
stimulus from a loudspeaker of a diagnostic system ac-
cording to the present disclosure. In an embodiment, the
hearing device is configured to receive the different fre-
quency specific stimuli from the diagnostic system via a
wireless link. In an embodiment, the hearing device com-
prises a combination unit allowing the differentfrequency
specific stimuli to be presented to the user via the output
transducer (e.g. a loudspeaker), alone or in combination
with electric sound signals picked up or received by the
input unit.

Definitions:

[0068] The term 'a speech-like signal’ or 'speech-like
stimuli’ is in the present context taken to mean a signal
(or stimulus) that has a long-term spectrum and ampli-
tude variations over time that are similar to free-running
speech (as e.g. defined by IEC 60118-15. (2012)). Pref-
erably, the speech-like signal (or stimulus) is configured
to exhibit level fluctuations (low-frequency amplitude
modulations) with a dynamic range over time in the free
field corresponding to speech, as e.g. defined in the
IEC60118-15 standard (e.g. when analyzed in 1/3-oc-
tave bands).

[0069] Inthe present context, a ’hearing device’ refers
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to adevice, such as e.g. a hearing instrument or an active
ear-protection device or other audio processing device,
which is adapted to improve, augment and/or protect the
hearing capability of a user by receiving acoustic signals
from the user’s surroundings, generating corresponding
audio signals, possibly modifying the audio signals and
providing the possibly modified audio signals as audible
signals to at least one of the user’s ears. A ’hearing de-
vice’ further refers to a device such as an earphone or a
headset adapted to receive audio signals electronically,
possibly modifying the audio signals and providing the
possibly modified audio signals as audible signals to at
least one of the user’s ears. Such audible signals may
e.g. be provided in the form of acoustic signals radiated
into the user’s outer ears, acoustic signals transferred as
mechanical vibrations to the user’s inner ears through
the bone structure of the user’s head and/or through parts
of the middle ear as well as electric signals transferred
directly or indirectly to the cochlear nerve of the user.
[0070] The hearing device may be configured to be
worn in any known way, e.g. as a unit arranged behind
the ear with a tube leading radiated acoustic signals into
the ear canal or with a loudspeaker arranged close to or
in the ear canal, as a unit entirely or partly arranged in
the pinna and/or in the ear canal, as a unit attached to a
fixture implanted into the skull bone, as an entirely or
partly implanted unit, etc. The hearing device may com-
prise a single unit or several units communicating elec-
tronically with each other.

[0071] More generally, a hearing device comprises an
input transducer for receiving an acoustic signal from a
user’s surroundings and providing a corresponding input
audio signal and/or areceiver for electronically (i.e. wired
or wirelessly) receiving an input audio signal, a signal
processing circuit for processing the input audio signal
and an output means for providing an audible signal to
the user in dependence on the processed audio signal.
In some hearing devices, an amplifier may constitute the
signal processing circuit. In some hearing devices, the
output means may comprise an output transducer, such
as e.g. aloudspeaker for providing an air-borne acoustic
signal or a vibrator for providing a structure-borne or lig-
uid-borne acoustic signal. In some hearing devices, the
output means may comprise one or more output elec-
trodes for providing electric signals.

[0072] In some hearing devices, the vibrator may be
adapted to provide a structure-borne acoustic signal tran-
scutaneously or percutaneously to the skull bone. In
some hearing devices, the vibrator may be implanted in
the middle ear and/or in the inner ear. In some hearing
devices, the vibrator may be adapted to provide a struc-
ture-borne acoustic signal to a middle-ear bone and/or
to the cochlea. In some hearing devices, the vibrator may
be adapted to provide a liquid-borne acoustic signal to
the cochlear liquid, e.g. through the oval window. In some
hearing devices, the output electrodes may be implanted
in the cochlea or on the inside of the skull bone and may
be adapted to provide the electric signals to the hair cells
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of the cochlea, to one or more hearing nerves, to the
auditory cortex and/or to other parts of the cerebral cor-
tex.

BRIEF DESCRIPTION OF DRAWINGS

[0073] The aspects of the disclosure may be best un-
derstood from the following detailed description taken in
conjunction with the accompanying figures. The figures
are schematic and simplified for clarity, and they just
show details to improve the understanding of the claims,
while other details are left out. Throughout, the same
reference numerals are used for identical or correspond-
ing parts. The individual features of each aspect may
each be combined with any or all features of the other
aspects. These and other aspects, features and/or tech-
nical effect will be apparent from and elucidated with ref-
erence to the illustrations described hereinafter in which:

FIG. 1A schematically shows an embodiment of a
method of generating a speech-like stimulus signal,
and FIG. 1B shows an embodiment of diagnostic
system for recording an auditory evoked potential
according to the present disclosure,

FIG. 2A, 2B, 2C, 2D, 2E, 2F show exemplary indi-
vidual signal components from which a resulting
speech-like stimulus signal shown in FIG. 2G ac-
cording to the present disclosure is generated,

FIG. 3 shows an example of the IEC60118-15,
(2012) method for determining hearing aid insertion
gain and appropriate level dynamic range for
speech-like stimuli,

FIG. 4A and 4B shows two exemplary setups of a
diagnostic system for (together) verifying a fitting of
a hearing aid, FIG. 4A illustrating an AEP measure-
ment, where the user wears a hearing device in a
normal mode (aided), and 4B illustrating an AEP
measurement, where the user does not wear a hear-
ing device (unaided), stimulation being in both set-
ups provided via a loudspeaker of the diagnostic sys-
tem,

FIG. 5A shows an embodiment of a diagnostic sys-
tem, and

FIG. 5B shows an embodiment of a diagnostic sys-
tem stimulating a hearing device while worn by a
person, stimulation being provided via aloudspeaker
of the diagnostic system,

FIG. 6A shows an embodiment of a stimulation unit
according to the present disclosure,

FIG. 6B shows an example of stimulus envelope
gains quantized in time and level,
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FIG. 7A shows a first scenario of an AEP measure-
ment, where the user wears a hearing device in a
normal mode (aided), and where stimuli are provided
to the hearing device for being played to the user by
a loudspeaker of the hearing device,

FIG. 7B shows a second scenario of an AEP meas-
urement, where the user wears a hearing device in
a normal mode (aided), and where stimuli are pro-
vided to the hearing device for being played to the
user by a loudspeaker of the hearing device,

FIG. 7C shows a third scenario of an AEP measure-
ment, where the user wears first and second hearing
devices of a binaural hearing system in a normal
mode (aided), and where stimuli are provided to the
hearing devices for being played to leftand right ears
of the user by a loudspeaker of the hearing device.

FIG. 8 shows an embodiment of a diagnostic system
stimulating a hearing device while worn by a person,
wherein stimulation is provided via a loudspeaker of
the hearing device.

FIG. 9 shows a flow diagram for a method of design-
ing stimuli for an AEP system, e.g. an ASSR system.

DETAILED DESCRIPTION OF EMBODIMENTS

[0074] The detailed description set forth below in con-
nection with the appended drawings is intended as a de-
scription of various configurations. The detailed descrip-
tion includes specific details for the purpose of providing
athorough understanding of various concepts. However,
it will be apparent to those skilled in the art that these
concepts may be practiced without these specific details.
Several aspects of the apparatus and methods are de-
scribed by various blocks, functional units, modules,
components, circuits, steps, processes, algorithms, etc.
(collectively referred to as "elements"). Depending upon
particular application, design constraints or other rea-
sons, these elements may be implemented using elec-
tronic hardware, computer program, or any combination
thereof.

[0075] The electronic hardware may include micro-
processors, microcontrollers, digital signal processors
(DSPs), field programmable gate arrays (FPGAs), pro-
grammable logic devices (PLDs), gated logic, discrete
hardware circuits, and other suitable hardware config-
ured to perform the various functionality described
throughout this disclosure. Computer program shall be
construed broadly to mean instructions, instruction sets,
code, code segments, program code, programs, subpro-
grams, software modules, applications, software appli-
cations, software packages, routines, subroutines, ob-
jects, executables, threads of execution, procedures,
functions, etc., whether referred to as software, firmware,
middleware, microcode, hardware description language,
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or otherwise.

[0076] FIG. 1A shows an embodiment of a method of
generating a speech-like stimulus signal. FIG. 1B shows
an embodiment of diagnostic system for recording an
auditory evoked potential according to the present dis-
closure.

[0077] FIG. 1A shows the principle and preferred em-
bodiment of the stimulus generation of the present dis-
closure. To the left (block Octave-band chirps), as an
example, four octave-band Chirps are generated with the
center frequencies of 500, 1000, 2000, and 4000 Hz. The
stimuli are presented at different rates of stimulation (see
e.g. FIG. 2A, 2B, 2C, 2D) and can be used for the simul-
taneous multiple frequency-specific stimulation of the
ASSR (cf. e.g. WO2006003172A1, [Elberling et al.,
2007b]). The four Chirps are next (cf. block Spectral
Shaping) spectrally shaped so the amplitude spectrum
of the combined signal corresponds to the long-term
spectrum of running speech spoken with a specific vocal
effort (here as an example the vocal effort is 'Normal’ -
ANSI S3.5. (1997)).

[0078] Next (cf. blocks Modulation), the combined and
spectrally shaped signal is fed into an amplitude modu-
lator, which modulates either each of the band-limited
stimuli or the combined broad-band signal with a real or
simulated envelope of running speech (cf. e.g. [Plomp,
1984]). Finally (cf. stage Simulated speech signal) the
simulated speech signal is fed to a stimulus transducer
(here aloudspeaker is shown as an example) with a pres-
entation level as required.

[0079] In FIG. 1A references are made to the detailed
temporal waveforms in FIG. 2A-2G.

[0080] FIG. 1A schematically illustrates an embodi-
ment of a stimulation part (represented by STU and OT
inFIG. 1B) of adiagnostic system. FIG. 1 B schematically
shows an embodiment of a diagnostic system (DMS)
comprising a stimulation unit (STU), an output transducer
(OT), and a recording unit (REC) in communication with
a number of recording electrodes (rec-elec). FIG. 1B fur-
ther includes a user (U) wearing a hearing device (HD)
at a 1st ear (75t ear) and an ear plug (plug) at the 2"d ear
(2nd ear). FIG. 1 B illustrates 'free field’, aided measure-
ment with a diagnostic system according to the present
disclosure. The hearing device is adapted for picking up
sound from the environment to provide an electric input
signal, and comprises a signal processing unit for pro-
viding an improved signal by applying a level and fre-
quency dependent gain to the input signal to compensate
for a hearing impairment of the user’s 15t ear, and an
output unit for presenting the improved signal as output
stimuli perceivable by the user as sound. The ear plug
(plug) is adapted to block sound at the 2"d ear from evok-
ing neurons in the auditory system. When electric stimuli
(stim) generated by the stimulation unit (STU) and con-
verted to acoustic stimuli (ac-stim) via output transducer
(OT), the acoustic stimuli (ac-stim) are picked up by the
input transducer of the hearing device(HD) at the first ear
(15t ear) of the user (U), processed by the signal process-
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ing unit, and presented to the auditory system (Auditory
system) of the user via the output unit of the hearing
device. The stimuli from the output unit of the hearing
device evokes responses (aep) from the auditory system
(Auditory system). The evoked responses (aep) are re-
corded by the recording unit (REC) via recording elec-
trodes (rec-el) mounted on the user’s head (HEAD), e.g.
attached to the skin and/or tissue of the user’s scalp or
ear canal. The recording (REC) and stimulation (STU)
units are in communication (cf. signal cont), e.g. to control
timing relations between the generation of stimuli by the
stimulation unit and the detection and processing of
evoked responses (ASSRs) by the recording unit.
[0081] FIG. 2A, 2B, 2C, 2D, 2E, 2F shows exemplary
individual signal components from which a resulting
speech-like stimulus signal (as illustrated in FIG. 2G) is
generated.

[0082] FIG.2A-2G shows the details of the time signals
at the different stages of an embodiment of the proposed
invention. From top to bottom: First the four frequency-
specific stimuli are shown using a time scale of 100 ms
(FIG. 2A-2D). The different rates of stimulation are indi-
cated to the left and as an example vary from 84.0/s to
90.6/s. FIG. 2A shows a 500 Hz narrow band chirp with
a repetition rate of 86.0 Hz. FIG. 2B shows a 1000 Hz
narrow band chirp with a stimulation rate of 90.6 Hz. FIG.
2C shows a 2000 Hz narrow band chirp with a stimulation
rate of 84.0 Hz. FIG. 2D shows a 4000 Hz narrow band
chirp with a stimulation rate of 88.6 Hz. Each ofthe narrow
band chirps is generated by respective filtering (with a 1
octave bandpass filter) of a broadband linear chirp be-
tween a minimum frequency (e.g. 350 Hz) and a maxi-
mum frequency (e.g. 11.3 kHz) (cf. [Elberling & Don,
2010]). The spectrally shaped combined broad-band sig-
nal is shown in FIG. 2E as the 'SUM of weighted Chirp
signals’. In FIG. 2A-2G, four frequency-specific stimuli,
each comprising a periodically repeated (1 octave wide)
narrow band chirp, are used to generate the combined
broad-band signal. Alternatively, another number of nar-
row band chirps may be used, e.g. 12 (1/3 octave wide)
narrow band chirps covering the same frequency range
from appr. 350 Hz to appr. 5600 Hz.

[0083] Next, using a time scale of 10 s, an example of
a’Simulated Speech Envelope’ is shown in FIG. 2F, and
finally the corresponding modulated output signal is
shown as the 'Simulated Speech Signal’ in FIG. 2G. The
simulated speech envelope in FIG. 2E is e.g. generated
as an envelope of exemplary free-running speech.
[0084] FIG. 3 shows an example of the IEC60118-15,
(2012) method for determining hearing aid insertion gain
and appropriate level dynamic range for speech-like stim-
uli.

[0085] FIG. 3 gives an example of the IEC60118-15,
(2012) method for determining hearing aid insertion gain
and appropriate level dynamic range ([dB SPL] versus
frequency [Hz]) for speech-like stimuli. On the left figure
(denoted Unaided) is shown the level variations of a
standardized speech test-stimulus ([Holube et al., 2010])
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recorded in a hearing aid test-box (Interacoustics TB25).
The level variation for each 1/3-octave band is indicated
by the 30, 65 and 99" percentiles of the corresponding
distribution of the short-term (125 ms) amplitude values.
Also shown is the long term amplitude speech spectrum
(LTASS) in one-third octave bands. The middle figure
(denoted Aided) shows the output from a pediatric hear-
ing aid, measured in the test-box using an occluded-ear
simulator (IEC 60318-4, 2010). On the right figure (de-
noted E/IG=Aided-unaided@65 dB SPL) is shown the es-
timated insertion gain (EIG). It is observed that the esti-
mated insertion gain of signal components having rela-
tively lower input levels (represented by the 30% percen-
tile) is larger than the estimated insertion gain of signal
components having relatively higher input levels (repre-
sented by the 99% percentile). This is e.g. due to a com-
pression algorithms, which tend to amplify low input lev-
els more than high input levels. A preferred embodiment
of the present disclosure is to use the methods set down
inthe IEC 60118-15, (2012)-standard to demonstrate the
speech-like processing of the new ASSR stimuli with dig-
ital hearing aids.

[0086] FIG. 4A and 4B shows exemplary setups of a
diagnostic system for verifying a fitting of a hearing aid,
FIG. 4A and 4B illustrating an AEP measurement, where
the user wears a hearing device in a normal mode (aid-
ed), and where the user does not wear a hearing device
(unaided), respectively. The diagnostic system compris-
es the components discussed in connection with FIG. 1
B andisin FIG. 4A used in an aided measurement where
free field acoustic stimuli (ac-stim 1) from the output trans-
ducer (OT, here a loudspeaker) are picked up by a hear-
ing device (HD1) adapted for being located in or at a first
ear (ear1) of a user (U) (or fully or partially implanted in
the head of the user). The hearing device comprises an
input unit (/U, here a microphone is shown), a signal
processing unit (not shown) for applying a level and fre-
quency dependent gain to an input signal from the input
unit and presented such enhanced signal to an output
unit (OU, here an output transducer (loudspeaker) is
shown). The output transducer of the hearing device is
in general configured to present a stimulus (based on the
signal picked up by the input unit /U), which is perceived
by the user as sound. The auditory system of the user is
schematically represented in FIG. 4A and 4B by the ear
drum and middle ear (M-ear), cochlea (cochlea) and the
cochlear nerve (neurons). The nerve connections from
the respective cochlear nerves to the auditory centers of
the brain (the Primary Auditory Cortex, shown as on cent-
er denoted PAC in FIG. 4A and 4B, and in FIG. 7A-7C)
are indicated by the bold dashed curves in FIG. 4A and
4B. The diagnostic system comprises a stimulation unit
(STU) adapted to provide an electric stimulus signal
(stim1) comprising a number of individually repeated fre-
quency specific stimuli, which are combined and spec-
trally shaped in amplitude to emulate a long-term spec-
trum of running speech (at a certain vocal effort), and
amplitude modulated in time to provide an envelope of
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the stimuli equivalent to that of running speech. The di-
agnostic system further comprises a recording unit (REC)
for recording the auditory evoked responses of the per-
son originating from said acoustic stimulus signal ac-
stim1. In the scenario of FIG. 4B the free field acoustic
stimulus signal ac-stim1 is received by the persons’ ear
and auditory system (without hearing aid means, i.e. in
an 'unaided’ mode). In the scenario of FIG. 4A the free
field acoustic stimulus signal ac-stim1 is picked up, proc-
essed and presented to the person’s auditory system by
the hearing device (i.e. an’aided’ mode). In both the aided
and unaided setup, the stimulation is provided at one ear
(the right ear, ear?) and the other ear (the left ear, ear?2)
is provided with an ear plug (plug) to block sound that
ear from evoking neurons in the auditory system. The
recording unit comprises or is operationally connected
to electrodes (ACQ) adapted to pick up brainwave signals
(recO, rec1, rec2) (e.g. AEPs) when appropriately located
on the head of the user. In the embodiments of FIG. 4A
and 4B, three electrodes (ACQ) are shown located on
the scalp of the user (U). The recording unit and the stim-
ulation unit are in communication with each other (signal
cont), e.g. to control a timing between stimulation and
recording. The recording unit comprises appropriate am-
plification, processing, and detection circuitry allowing
specific ASSR data to be provided.

[0087] FIG. 5A shows an embodiment of a diagnostic
system alone, and FIG. 5B shows an embodiment of a
diagnostic system stimulating a hearing device while
worn by a person.

[0088] FIG. 5A is a block diagram of a diagnostic sys-
tem (DMS) as also illustrated and described in connec-
tion with FIG. 4A and 4B and in FIG. 1B. The diagnostic
system comprises an electrode part (ACQ) comprising a
number N, of electrodes for picking up evoked potentials
recn from the auditory system and brain when mounted
on the head of the user. The evoked potentials recn
picked up by the electrodes are fed to the recording unit
(REC) for processing and evaluation. Electric stimuli stim
(e.g. controlled (e.g. initiated) by the recording unit (REC)
via control signal cont) according to the present disclo-
sure are generated by the stimulation unit (STIM) and
converted to (free field) acoustic stimuli ac-stim by an
output transducer (loudspeaker) of the system. FIG. 5B
shows the diagnostic system (DMS) used in an 'aided’
mode (as illustrated and discussed in connection with
FIG. 4A), where a person wearing a hearing device (HD)
is exposed to the acoustic stimuli (ac-stim) of the diag-
nostic system at one ear. The acoustic stimuli (ac-stim)
are picked up by a sound input (Sound-in) of the hearing
device located at the ear. The acoustic stimuli (ac-stim)
are converted to an electric input signal by a microphone
of the hearing device and processed in a forward signal
path of the hearing device to a loudspeaker presenting
the processed stimuli the user as an output sound
(Sound-out). The forward path of the hearing device (HD)
comprises e.g. an analogue to digital converter (AD) pro-
viding a digitized electric input signal (IN), a signal
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processing unit (SPU) for processing the digitized electric
input, e.g. in a speech processing mode of operation,
and providing a processed signal (OUT), which is con-
verted to an analogue signal by a digital to analogue con-
verter (DA) before it is converted to sound signal by the
loudspeaker of the hearing device. The output sound
(Sound-out) from the hearing device represents a proc-
essed version of the speech-like acoustic stimuli (ac-
stim) from the diagnostic system (as delivered by the
hearing device). The user’s auditory system picks up the
output sound (Sound-out) from the hearing device (HD)
and evokes potentials (AEP) that are picked up by the
electrodes (ACQ) of the diagnostic system (DMS). The
diagnostic system (DMS) and the hearing device (HD)
together representa combined system (CS). The hearing
device (HD) can be of any kind (type (air conduction,
bone conduction, cochlear implant (or combinations
thereof), style (behind the ear, in the ear, etc.) or manu-
facture) capable of enhancing a speech (or speech-like)
input signal according to a user’s needs. In an embodi-
ment, the capability of the hearing device to process
speech-like stimuli signals from the diagnostic system as
ordinary speech is verified in a separate measurement
(e.g. in a low-reflection measurement box), e.g. accord-
ing to the IEC 60118-15 (2012)-standard, cf. further be-
low.

Example:

[0089] As an example, the ASSR stimulus according
to the present disclosure may be generated by four one-
octave wide narrow-band (NB) chirp-train ASSR stimuli
- constructed according to the methods described in US
8,591,433 B2, and with center frequencies 500, 1000,
2000, and 4000 Hz and repetition rates 86.0/s, 90.6/s,
84.0/s, and 88.6/s respectively. These examples are il-
lustrated in FIG 2 (A-D). To make the stimulus speech-
like, the target sound pressure level should preferably
correspond to normal speech levels in the octave bands.
The stimulus should preferably be presented in a room
with only minor reflections (e.g. anechoic). Each band is
then weighted according to ANSI S3.5. (1997) for normal
vocal effort speech measured at a distance of 1 m from
the source (e.g. a loudspeaker). According to the ANSI-
standard the octave-band sound pressure levels are then
sett059.8,53.5,48.8 and 43.9 dB SPL for the 500, 1000,
2000 and 4000 Hz octave bands respectively. The bands
are then combined (see FIG 2 E), such that the sum of
the individual bands will result in a broad-band stimulus
with a long-term spectrum identical to speech at normal
vocal effort, corresponding to a free-field sound pressure
level of approximately 62.5 dB SPL.

[0090] Next the broad-band stimulus is fed to a mod-
ulator and the simulated speech envelope is applied. This
isillustrated in FIG 2 F as a low-pass (4 Hz cut-off) filtered
envelope of Gaussian white noise. The modulator multi-
plies the broad-band ASSR stimulus with the simulated
speech envelope and the result is shown in FIG 2 G.
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[0091] When presented through a hearing aid, the co-
modulation of envelope power across bands and the fluc-
tuation in band power will in principle excite the device
in a mode of operation similar to speech. By using the
IEC 60118-15 (2012)-standard, the appropriate acoustic
measurements in a hearing aid analyzer can be made to
demonstrate that the stimulus is processed by the hear-
ing aid in a manner similar to speech. Normal speech
has inherent level fluctuations (amplitude modulation),
the dynamic range of these over time in the free-field is
an important characteristic for speech, and are analyzed
in 1/3-octave bands in the IEC60118-15 standard. If the
new ASSR stimulus has the same input dynamic range
as a standardized speech stimulus it is ensured that the
hearing aid is stimulated correctly. The output from the
hearing aid and the estimated insertion gain are also
made to quantify this relationship and further demon-
strate that the hearing aid is processing the stimulus in
a speech-like manner. An example of this procedure is
given in FIG 3.

[0092] In the present example the AM is applied to the
combined broad-band stimulus (cf. FIG. 2A-2G). Alter-
natively, the AM can be applied in a way as to simulate
the co-modulation in normal speech, i.e. have narrow
band regions with common modulation rather than
across the full region of the broad-band stimulus. This
could simply be done using a filter-bank and multiple
modulators before combining into a single broad-band
stimulus. This is illustrated in FIG. 6A.

[0093] FIG. 6A shows an embodiment of a stimulation
unit (STU) according to the present disclosure. The stim-
ulation unit (STU) of FIG. 6A comprises a generator of
frequency specific stimuli (FSSG), e.g. narrowband stim-
ulias showninFIG. 1A, 1B, 2A-2G, but alternatively other
frequency specific stimuli, e.g. stimuli generated by indi-
vidual pure tones each tone amplitude modulated by a
lower frequency carrier. The frequency specific stimuli
generator (FSSG) provides stimuli signals fs-stim. The
stimulation unit (STU) further comprises a spectrum
shaping unit (SSU) that shapes the frequency specific
stimuli fs-stim to provide that the amplitude spectrum of
the resulting combined signal ss-stim corresponds to the
long-term spectrum of running speech, e.g. spoken with
a specific vocal effort. The stimulation unit (STU) further
comprises an analysis filter-bank (A-FB) that splits the
frequency shaped stimuli ss-stim in a number N of stim-
ulus frequency bands, providing (time-varying) frequen-
cy shaped band signals shst1, shst2, ..., shstN. The stim-
ulation unit (STU) further comprises band-level modula-
tors (denoted 'x’ in FIG. 6A) for amplitude modulating
frequency shaped band signals shst1, shst2, ..., shstN
with individual band level modulation functions rsam1,
rsam2, ..., rsamN, provided by a band level modulation
unit (BLM) configured to provide that the resulting ampli-
tude modulated frequency shaped band signals smst1,
smst2, ..., smstN have an envelope equivalent to that of
running speech. For example, the BLM may derive its
envelopes from a real speech signal, or an artificial
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speech signal such as the ISTS [Holube et al., 2010], by
band-pass filtering the speech signal by appropriately
wide band-pass filters centered at the N stimulus fre-
quency bands of the A-FB and extracting the frequency
specific envelopes from these N band-limited signals.
The stimulation unit (STU) further comprises a combina-
tion unit (here in the form of a SUM unit) to combine band
level signals smst1, smst2, ..., smstN to provide a result-
ing time-domain stimulation signal stim. The resulting
electric stimuli stim may then be converted to acoustic
stimuli (cf. ac-stim in FIG. 1B, 4 and 5) by an electro-
acoustic transducer (cf. e.g. OT in FIG. 1B), e.g. a loud-
speaker (cf. e.g. speakerin FIG. 1A, 4, 5).

[0094] The BLM may further comprise a quantization
stage in which the N envelopes are quantized in time and
level. This may be achieved as follows. First, the speech
signal from which the envelope is derived is time-
stretched such that its duration is equal to an integer
number of periods of the unmodulated stimulus. After
filtering the speech signal into the N stimulus frequency
bands and extracting the envelopes, the envelopes are
first quantized in time, such that each band envelope is
constant across each period of the unmodulated stimu-
lus. Secondly, the envelopes are quantized in level, for
instance, corresponding to Leq + 10 dB, Leq, Leq - 10
dB, and Leq - 20 dB, where Leq is the long-term average
level of the band-pass filtered speech signal. FIG. 6B
shows an example of the time trajectories of the envelope
gains derived from the 60 seconds (s) long ISTS for oc-
tave-wide stimulus frequency bands centered at 500,
1000, 2000, and 4000 Hz. In this example, the period
(epoch length) of the unmodulated stimulus is 136.53 ms
and the entire sequence depicted in FIG. 6B extends
over 440 epochs, corresponding to 60.075 s. The level
quantization corresponds to Leq + 10 dB, Leq, Leq - 10
dB, and Leq- 20 dB, with lower envelope gains remaining
unmodified.

[0095] It should be noted that the epoch length chosen
for this example is substantially shorter than what is typ-
ical for an ASSR stimulus. This is, however, advanta-
geous in order to be able to represent modulations in the
frequency range relevant for speech. The modulation
spectrum of speech exhibits a characteristic broad peak
around 4 Hz. In order to represent modulations in this
frequency range, the envelope ftrajectories need to
change at least every 1/4 Hz = 250 ms, which sets an
upper limit to the epoch length.

[0096] The envelope trajectories depicted in FIG. 6B
are staircase functions, which implies discontinuities at
every step of the trajectory. It may be preferable to intro-
duce smooth transitions between from one step to the
next, e.g. by raised cosine ramps, in a compromise be-
tween spectral splatter to the stimuli within each epoch
and transition artifacts between epochs.

[0097] The quantization levels for this example were
chosen to provide level categories that would be clinically
relevant for assessing access to various parts of speech
and to allow meaningful adjustments to the settings of a
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hearing device. However, other level categories could be
chosen just as well.

[0098] The division of the envelope epochs into the
chosen categories was done separately for each stimulus
frequency band, by sorting all time-quantized epoch en-
velope values and then determining boundaries such that
the mean envelope level within each set of boundaries
(a’level bin’) was as close as possible to Leq + 10 dB,
Leq, Leq - 10 dB, and Leq - 20 dB. All envelope gains
within a level bin was then set to the bin’s nominal level
and returned to their original time-wise position in the
trajectory.

[0099] In this way a fixed pattern of envelope trajecto-
ries was created across the 60.075 s duration of the time-
stretched speech signal from which the envelopes were
derived. This pattern of envelopes is supposed to be re-
peated until the ASSR recording is terminated.

[0100] FIG. 7A, 7B, and 7C shows scenarios similar to
those of FIG. 4A described above. A difference, though,
is that the stimuli generated by the stimulation unit (STU)
of the diagnostic system in the embodiments of FIG. 4A
are transmitted (wired or wirelessly) directly to the hear-
ing device(s) or are generated in the hearing device(s)
(instead of being played via a loudspeaker of the diag-
nostic system and picked up by the microphone(s) of the
hearing device(s)). In both cases, the stimuli are present-
ed to the user (U) via a loudspeaker (OT) of the hearing
device (HD1).

[0101] FIG. 7A shows afirst scenario of an AEP meas-
urement, where the user (U) wears a hearing device
(HD1) in anormal mode (aided), and where stimuli stim1
are provided by a stimulation unit (STU) of the diagnostic
system directly to the hearing device (HD1) for being
played to the (U) user by a loudspeaker (OT) of the hear-
ing device (HD1). The connection between the diagnostic
system and the hearing device may be a wired connec-
tion of a wireless connection (e.g. based on Bluetooth or
other standardized or proprietary technology).

[0102] FIG. 7B shows a second scenario of an AEP
measurement, where the user (U) wears ahearing device
(HD1) in anormal mode (aided), and where stimuli stim1
are provided directly (electrically) to the hearing device
for being played to the user by a loudspeaker of the hear-
ing device. The embodiment of FIG. 7B is similar to the
embodiment of FIG. 7A. A difference is though that the
stimuli generated by the stimulation unit (STU) of the di-
agnostic system in FIG. 7A are generated in the hearing
device (HD1) instead. The stimulation unit (STU) is lo-
cated in the hearing device (HD1) and controlled by the
diagnostic system via control signal cont (here) from the
recording unit (REC) of the diagnostic system.

[0103] FIG.7C shows athird scenario ofan AEP meas-
urement. The embodiment of FIG. 7C is similar to the
embodiment of FIG. 7B. A difference is that in the em-
bodiment of FIG. 7C, the user wears first and second
hearing devices (HD 1, HD?2) of a binaural hearing system
in a normal mode (aided) (instead of a single hearing
device at one of the ears). Both hearing devices (HD1,
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HD?2) comprise a stimulation unit (STU), which is control-
led by the diagnostic system via control signal cont (here)
from the recording unit (REC) of the diagnostic system.
[0104] An advantage of the embodiments of FIG. 7A,
7B and 7C compared to the embodiment of FIG. 4A is
that the stimuli are provided electrically to the loudspeak-
er of the hearing device (not via intermediate electric to
acoustic transducer (loudspeaker of diagnostic system)
and acoustic to electric transducer (microphone of hear-
ing device)).

[0105] FIG. 8 shows an embodiment of a combined
system (CS) comprising a diagnostic system (DMS) stim-
ulating a hearing device (HD) while worn by a person (U),
wherein stimulation stim is transmitted directly to the
hearing device (HD) and provided viaaloudspeaker (OT)
of the hearing device (HD). The embodiment of FIG. 8 is
similar to the embodiment of FIG. 5B. The forward path
of the hearing device (HD) comprises an input transducer
(here a microphone), an analogue to digital converter
(AD), signal processing unit (SPU), a combination unit
(CU), a digital to analogue converter (DA), and an output
transducer (here a loudspeaker). A difference to the em-
bodiment of FIG. 5B is that in the embodiment of FIG. 8,
the stimulation signal stim is sent directly from a stimu-
lation unit (STIM) of the diagnostic system (DMS) to a
combination unit (CU) the hearing device (HD) via an
interface (/F), (e.g. awireless interface). The combination
unit (CU) is configured to allow a stimulation signal stim
received from the diagnostic system (DMS) to be pre-
sented to a user (U) via the loudspeaker (and DA-con-
verter (DA)) of the hearing device (either alone or in com-
bination (mixed with) the processed signal PS from the
signal processing unit (SPU) of the forward path of the
hearing device (HD). The combination unit may be con-
trolled by the diagnostic system (e.g. by a signal trans-
mitted via the (e.g. wireless) interface (IF)).

[0106] FIG. 9 shows a flow diagram for a method of
designing stimuli for application in a system for recording
Auditory Evoked Potentials (AEP), in particular in a sys-
tem for recording Auditory Steady State Responses (AS-
SR). The method comprises

S1. Defining a number of different frequency specific
stimuli, each having a specific frequency or center
frequency and bandwidth defining respective stimu-
lus frequency bands;

S2. Defining an individual repetition rate for each of
the different frequency specific stimuli;

S3. Spectrally shaping the amplitude spectrum of
each of the different frequency specific stimuli to pro-
vide spectrally shaped frequency specific stimuli;
S4.Amplitude modulating either each of the spectral-
ly shaped frequency specific stimuli or the combined
broad-band signal with a real or simulated envelope
of running speech;

S5. Combining the spectrally shaped frequency spe-
cific stimuli to provide a combined broad-band signal;
S6. Wherein the spectral shaping of the amplitude



27 EP 3 281 585 A1 28

spectrum of each of the different frequency specific
stimuli is configured to provide that the combined
signal corresponds to the long-term spectrum of run-
ning speech spoken with a specific vocal effort.

[0107] In an embodiment, the method comprises ap-
plyingindependent speech envelopes to each of the stim-
ulus frequency bands. In an embodiment, the individual
frequency-specific stimuli are independently amplitude
modulated by an envelope representing band-specific
speech modulations.

[0108] In an embodiment, the method comprises pro-
viding that the imposed (e.g. speech-like) amplitude mod-
ulations are quantized in time and/or level. In an embod-
iment, the method comprises providing that the modula-
tions in time are in synchrony with the periodicity of un-
modulated stimulus, so that the spectral properties of the
stimulus within each period will remain undisturbed by
the imposed (speech-like) amplitude modulations.
[0109] In an embodiment, the method comprises pro-
viding a system for recording AEP, e.g. ASSR, configured
to apply the stimuli as designed by the method of design-
ing stimuli as defined by steps S1-S6.

[0110] Itis intended that the structural features of the
devices described above, either in the detailed descrip-
tion and/or in the claims, may be combined with steps of
the method, when appropriately substituted by a corre-
sponding process or vice versa.

[0111] As used, the singular forms "a," "an," and "the"
are intended to include the plural forms as well (i.e. to
have the meaning "atleastone"), unless expressly stated
otherwise. It will be further understood that the terms "in-
cludes," "comprises," "including," and/or "comprising,"
when used in this specification, specify the presence of
stated features, integers, steps, operations, elements,
and/or components, but do not preclude the presence or
addition of one or more other features, integers, steps,
operations, elements, components, and/or groups there-
of. It will also be understood that when an element is
referred to as being "connected" or "coupled" to another
element, it can be directly connected or coupled to the
other element but an intervening elements may also be
present, unless expressly stated otherwise. Further-
more, "connected" or "coupled" as used herein may in-
clude wirelessly connected or coupled. As used herein,
the term "and/or" includes any and all combinations of
one or more of the associated listed items. The steps of
any disclosed method is not limited to the exact order
stated herein, unless expressly stated otherwise.
[0112] Itshould be appreciated that reference through-
out this specification to "one embodiment" or "an embod-
iment" or "an aspect" or features included as "may"
means that a particular feature, structure or characteristic
described in connection with the embodiment is included
in at least one embodiment of the disclosure. Further-
more, the particular features, structures or characteris-
tics may be combined as suitable in one or more embod-
iments of the disclosure. The previous description is pro-
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vided to enable any person skilled in the art to practice
the various aspects described herein. Various modifica-
tions to these aspects will be readily apparent to those
skilled in the art, and the generic principles defined herein
may be applied to other aspects.

[0113] The claims are not intended to be limited to the
aspects shown herein, butis to be accorded the full scope
consistent with the language of the claims, wherein ref-
erence to an element in the singular is not intended to
mean "one and only one" unless specifically so stated,
but rather "one or more." Unless specifically stated oth-
erwise, the term "some" refers to one or more.

[0114] Accordingly, the scope should be judged in
terms of the claims that follow.
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Claims

1. A method for recording auditory steady-state re-
sponses of a person, the method comprising

a) providing an acoustic stimulus signal to an
ear of the person,

b) recording the auditory steady-state respons-
es of the person originating from said acoustic
stimulus signal,

wherein the acoustic stimulus signal comprises
a speech-like stimulus provided as a combina-
tion of a series of frequency-specific stimuli,
each having a specified frequency bandwidth,
presentation rate, amplitude and amplitude
modulation, and

c) providing that the imposed amplitude modu-
lation is quantized in time and/or level.
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2. A method according to claim 1 comprising

a1l) designing an electrical stimulus signal rep-
resenting a speech-like signal;

a2) converting said electrical stimulus signal to
said acoustic stimulus signal;

a3) applying said acoustic stimulus signal to an
ear of the person.

3. A method according to claim 1 or 2 comprising re-

cording said auditory steady-state responses of the
person

* When said person is wearing a hearing device,
which in an active mode of operation is config-
ured for enhancing an acoustic signal at said
ear; as well as

* When said person is not wearing the hearing
device at said ear.

A method according to any one of claims 1-3, where
the presentation rates of the individual frequency-
specific stimuli are different and chosen to be appro-
priate for the recording of the auditory steady-state
responses in response to multiple, simultaneous,
frequency-specific stimuli, and for obtaining re-
sponses from the appropriate structures of the au-
ditory pathway.

A method according to any one of claims 1-4, where
acombined amplitude-spectrum of the individual fre-
quency-specific stimuli corresponds to a long-term
amplitude spectrum of normal speech.

A method according to any one of claims 1-5, where
the individual frequency-specific stimuli consist of
band-limited chirps.

A method according to any one of claims 1-6 com-
prising:

* Defining a number of different frequency spe-
cific stimuli, each having a specific frequency or
center frequency and bandwidth defining re-
spective stimulus frequency bands;

« Defining an individual repetition rate for each
of the different frequency specific stimuli;

» Amplitude modulating either each of the spec-
trally shaped frequency specific stimuli or the
combined broad-band signal with a real or sim-
ulated envelope of running speech;

« Spectrally shaping the amplitude spectrum of
each of the different frequency specific stimuli
to provide spectrally shaped frequency specific
stimuli;

+ Combining the spectrally shaped frequency
specific stimuli to provide a combined broad-
band signal;
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Wherein the spectral shaping of the amplitude
spectrum of each of the different frequency spe-
cific stimuliis configured to provide that the com-
bined signal corresponds to the long-term spec-
trum of running speech spoken with a specific
vocal effort.

A method according to claim 7 comprising applying
independent speech envelopes to each of the stim-
ulus frequency bands.

A method according to any one of claims 1-8 com-
prising providing that the individual frequency-spe-
cific stimuli are independently amplitude modulated
by an envelope representing band-specific speech
modulations.

A method according to any one of claims 1-9 com-
prising providing that the modulations in time are in
synchrony with the periodicity of the unmodulated
stimulus, so that the spectral properties of the stim-
ulus within each period will remain undisturbed by
the imposed speech-like modulations.

A diagnostic system for recording auditory steady-
state responses of a person, the system comprising
a stimulation unit for providing an acoustic stimulus
signal to an ear of the person, and a recording unit
for recording the auditory steady-state responses of
the person origination from said acoustic stimulus
signal, wherein the stimulation unit is configured to
provide that the acoustic stimulus signal comprises
a speech-like stimulus provided as a combination of
a series of frequency-specific stimuli, each having a
specified frequency bandwidth, presentation rate,
amplitude and amplitude modulation, and wherein
the stimulation unit comprises a quantization unit for
providing that said amplitude modulations are quan-
tized in time and/or level.

A diagnostic system according to claim 11 wherein
the stimulation unit comprises

* A stimulation generator for generating a
number of different frequency specific stimuli,
each having a specific frequency or center fre-
quency and bandwidth, and configured to apply
an individual repetition rate to each of the differ-
ent frequency specific stimuli;

* A spectral shaping unit for spectrally shaping
the amplitude spectrum of each of the different
frequency specific stimuli to provide spectrally
shaped frequency specific stimuli;

A combination unit for combining the spectrally
shaped frequency specific stimuli to provide a
combined broad-band signal; and

* An amplitude modulation unit for amplitude
modulating either each of the spectrally shaped
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13.

14.

15.

32

frequency specific stimuli or the combined
broad-band signal with a real or simulated en-
velope of running speech to provide said
speech-like stimulus,

wherein the spectral shaping of the amplitude spec-
trum of each of the different frequency specific stimuli
is configured to provide that the combined signal cor-
responds to the long-term spectrum of running
speech spoken with a specific vocal effort.

A diagnostic system according to claims 11 or 12
wherein the stimulation unit is configured to apply
independent speech envelopes to each of the stim-
ulus frequency bands.

A combined system comprising a diagnostic system
according to any one of claims 11-13 and a hearing
device, e.g. a hearing aid, for compensating a hear-
ing impairment of a user.

A data processing system comprising a processor
and program code means for causing the processor
to perform the steps of the method of any one of
claims 1-10.
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A method of designing stimuli for an ASSR
system.

Defining a number of different frequency specific
S1 /\stimuli, each having a specific frequency or

center frequency and bandwidth defining
respective stimulus frequency bands;

Y

S2 /\Defining an individual repetition rate for each of
the different frequency specific stimuli;

Y
Spectrally shaping the amplitude spectrum of
S3 /\each of the different frequency specific stimuli to
provide spectrally shaped frequency specific
stimuli;

Y

S4 /\Amplitude modulating either each of the

spectrally shaped frequency specific stimuli or
the combined broad-band signal with a real or
simulated envelope of running speech.

Y

S5 Combining the spectrally shaped frequency
/\ specific stimuli to provide a combined broad-band
signal;

Arranging that the spectral shaping of the
amplitude spectrum of each of the different
frequency specific stimuli is configured to provide
S6 /\that the combined signal corresponds to the long-
term spectrum of running speech spoken with a
specific vocal effort;

FIG. 9
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